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GENERATING A COMMON BASS SIGNAL 

BACKGROUND OF THE INVENTION 

The invention relates to extracting a common bass Signal 
from a multi-channel audio signal. 

In earlier days home Stereo Systems typically included 
only two speakers, one for the left channel and another for 
the right channel. Generally, each of the Speakers was 
designed to reproduce both bass information (e.g. <200 Hz) 
and higher frequency information (>200 Hz). This meant 
that each speaker had to have a large Woofer for low 
frequencies, and one or more Smaller Speakers for the higher 
frequencies. In other words, Speaker enclosures for high 
quality Systems tended to be large because accurate bass 
reproduction required large Woofers. 
More recently, Stereo System designers have come to 

appreciate that it is not necessary that all Speakers in a Sound 
System be capable of reproducing the bass Sound informa 
tion. Bass after all is relatively omnidirectional which means 
that it is difficult to determine where it was coming from. 
Thus, a number of Stereo System designers have moved 
away from using a bass woofer in each Speaker enclosure 
and have instead used a Single, Separately located Subwoofer 
for the entire Stereo System. In Such Systems, the bass 
information that is present in each of the two Stereo signals 
is extracted, combined, and Sent to the Single Subwoofer. By 
not requiring the other speakers to also handle bass, the 
larger, relatively expensive woofers can be eliminated and 
the Speakers can be made much Smaller and less expensive. 
The reduction in size makes possible a much leSS conspicu 
ous installation when the Sound System is installed in the 
home. 
AS home speaker Systems have become more Sophisti 

cated So too have the recorded Sound tracks that are available 
for playback at home. For example, Sound tracks now 
include audio information for more than two channels. In 
addition to left and right channels, there may also be a center 
channel and a Surround channel. The center channel is 
played through speakers that are located in front of the 
audience and midway between the left and right Speakers. 
The Surround channel is played through two sets of Speakers 
located behind the audience and on either Side of the room. 
Of course, Since typical home entertainment Systems are 
designed to receive or handle only a Stereo signals, they do 
not have the capability to extract more than two channels of 
Sound from the recorded media. Thus, to make the multi 
channel Sound tracks compatible with home entertainment 
Systems, the Sound tracks are combined or encoded in Some 
way to produce two audio channel Signals that contain Sound 
information for all four channels. 
A popular method for encoding four channels into two 

channels for home stereo systems is the Dolby TM Surround 
Sound encoding technique illustrated in FIG. 1. In that 
diagram, the blocks with Summation Symbol (i.e., X) repre 
Sent circuits which add the inputs to produce a Summation 
Signal and the blocks with the phase angle symbol (i.e., (p) 
represent all pass networks which are characterized by an 
amplitude response that is flat over the relevant frequency 
range and a phase response that varies linearly with fre 
quency (i.e., all frequencies are delayed by the same phase). 
The circuit generates left total and right total channel audio 
Signals, L and R, as follows: 

where j=(-1)'. That is, the Surround channel signal appears 
in quadrature with the left, right, and center channel Signals 
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2 
and the Surround Signal components of the left and right total 
channel Signals are equal and 180 out of phase with each 
other. 

On the decoding Side of the System (e.g. during playback), 
a center channel Signal is produced from the Stereo Signal by 
combining the left and right total channel Signals, i.e., 

And a Surround channel Signal is produced by Subtracting 
the left channel Signal from the right channel Signal, i.e., 

Though this techniques does not recover each of the four 
channel Signals separately, the decoded Signals that are 
generated by this technique produce a psychoacoustic effect 
that is similar to a true four channel Surround Sound when 
played back in a four or five Speaker System. 

Note, however, that it is not readily apparent how to 
combine the Signals So that a Single Subwoofer can be used 
to reproduce the entire bass as is done in the above 
mentioned Stereo System. Since low bass frequencies can 
originate as left, right, center, or Surround channel 
information, all bass information cannot be represented by a 
Simple Summation of L-R, Such a simple Summation 
would cancel the bass information found in the Surround 
Signal. Another logical but equally unacceptable choice 
would be to combine the bass of the decoded center channel 
Signal and the decoded Surround channel. But notice what 
happens when this is done. The resulting Signal is equal to: 

This produces destructive interference of the right channel 
information. Thus, if the bass signal is only present in the 
original right channel Signal, it will not be reproduced in 
Such a System. 

SUMMARY OF THE INVENTION 

In general, in one aspect, the invention is a System for 
extracting a bass signal from left and right audio input 
Signals of a Stereo signal. The System includes a differencing 
circuit generating a difference mode signal from the left and 
right audio input Signals, a detector circuit generating a first 
coefficient of proportionality that is a function of the relative 
phase of the left and right input signals, and a first multiplier 
circuit multiplying the first coefficient of proportionality 
times the difference mode Signal to produce a modified 
difference mode Signal, wherein the modified difference 
mode Signal is used to generate the bass signal. 

In preferred embodiments, the first coefficient of propor 
tionality has the properties that: (1) its value approaches one 
when time average values of the absolute magnitude of the 
left and right audio input signals approach each other and 
they are out of phase; (2) its value equals one when only one 
of the left and right audio input signals is present, and (3) its 
value equals Zero when the left and right audio input signals 
are in phase and its value is non-Zero when the left and right 
audio input Signals ae out of phase. The first coefficient of 
proportionality is a function of the absolute value of a time 
average of the left audio input Signal minus the right audio 
input Signal. More specifically, the first coefficient of pro 
portionality is equal to 
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L.-R. ki- |-|Ril Li - Rin 

Also in preferred embodiments, the System includes a first 
combiner circuit generating a common mode Signal from the 
left and right audio input Signals, and a Second combiner 
circuit adding the modified difference mode signal and the 
common mode Signal to produce an output Signal, wherein 
the bass signal is derived from the output Signal. The 
detector circuit generates a Second coefficient of proportion 
ality that is independent of the relative phase of the left and 
right audio input Signals. The System also includes a Second 
multiplier circuit multiplying the Second coefficient of pro 
portionality times the common mode Signal to produce a 
modified common mode Signal, wherein a center channel 
Signal is derived from the modified common mode Signal. 

In addition, the System includes a first volume control 
circuit processing the modified difference mode Signal to 
produce a Surround channel Signal with a user-adjustable 
gain and a Second Volume control circuit processing the 
modified common mode Signal to produce a center channel 
Signal with a user-adjustable gain. The System also includes 
a first low pass filter processing the output Signal to produce 
a filtered signal; and a power amplifier amplifying the 
filtered signal, wherein the amplified Signal is provided to 
drive a Subwoofer. 

In general, in another aspect, the invention a System for 
extracting bass Signal from first and Second audio input 
Signals of an multichannel audio signal. The System includes 
a differencing circuit generating a difference mode signal 
from the first and Second audio input signals; a detector 
circuit generating an output signal that is a function of the 
relative phase information contained in the first and Second 
input Signals, and a multiplier circuit multiplying the output 
Signal of the detector circuit times the difference mode Signal 
to produce a modified difference mode signal, wherein the 
modified difference mode Signal is used to generate the bass 
Signal. 

Other advantages and features will become apparent from 
the following description of the preferred embodiment and 
from the claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of an encoding System; 
FIG. 2 is a block diagram of a Surround decoder; 
FIG. 3 is a block diagram of the bass circuit for driving 

a Subwoofer, 
FIG. 4 is an alternative configuration for generating the 

total bass Signal; 
FIG. 5 is a detailed circuit diagram of a portion of a 

modified version of the system shown FIG. 2; and 
FIG. 6 is a detailed is another portion of the modified 

version of the system shown FIG. 2. 
DESCRIPTION OF THE PREFERRED 

EMBODIMENTS 

A decoder 10 which extracts a Single composite bass 
Signal from an encoded two channel Stereo signal is shown 
in FIG. 2. The decoder receives as its input signals L., a left 
channel audio Signal, and R, a right channel audio signal 
and it produces five output Signals: L, R, C, S., and 
B. L., and R are encoded audio signals in which other 
channel audio signals, Such as a center channel audio signal 
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4 
and a Surround channel audio signal, have been combined 
with a left and right channel audio signal. For example, L, 
and R, may be generated by using the previously described 
Dolby encoding technique which is illustrated in FIG.1. L didi 
and R are the left and right channel audio signals, C and 
S. are the center and Surround channel output Signals, and 
B is a single bass channel output signal containing the 
bass information that was extracted from L and R. 

Decoder 10 includes a detector 12 which processes the L. 
and R, audio signals to produce two output signals A and 
A. A is referred to as the center channel coefficient and it 
is a function of the relative magnitudes of L, and R. A is 
referred to as the Surround channel coefficient and it is a 
function of the relative phases of L, and R. The precise 
values of the two outputs of detector 12 are as follows: 

A = 1 -(E) 
L-R, +e Ai = 1 Li-R, + 

- - - - - - - 

AS will be explained in more detail below, these signals are 
used as coefficients to “extract the real and imaginary 
information that is present within the left and right channel 
audio input Signals. In these equations for the Signals, e is a 
small number which represents the offset currents of the 
circuitry which generates the Signals. It has the practical 
effect of assuring that a singularity is not encountered at 
L=R, or at L=R=0. In the equations below, e will not 
be explicitly included but it should be understood that it is 
nevertheless present. 

Within decoder 10, a combiner circuit 14 adds L and R. 
to produce a common mode Signal, Li+R. Another com 
biner circuit 16 with an inverter 18 on one its inputs adds L, 
to -R, to produce a difference mode Signal, L.-R. Both 
the common mode Signal and the difference mode signal are 
each sent to two other combiner circuits 20 and 22, which 
combine these signals with other signals generated else 
where in the decoder to produce L and R, respectively. 
The common mode signal and difference mode Signal 

each pass to a different one of two multipliers 24 and 26. 
Multiplier 24 multiplies the common mode signal L+R. 
by A and multiplier 26 multiplies the difference mode Signal 
by A. The outputs of multipliers 24 and 26 pass to a dual 
Volume control 28 which generates C and S, respec 
tively. The values of C and S are: 

IL-R 
L+R. 

IEE) 

oil 

Cout = K1 (Lin + R.( 

S = K2(Li - Ri)1 - = K2 (L. Li - Ril 

where K is the center channel gain that is applied to the 
common mode Signal and K is the Surround channel gain 
that is applied to the difference mode Signal. 

Both of these signals are also passed to combiner circuits 
20 and 22. Combiner circuit 20 combines its input signals to 
produce L, as follows: 

Combiner circuit 22 combines its input signals to produce 
R... as follows: didi 
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A fifth combiner circuit 30 followed by an inverter 32 
produces the bass channel output signal B by combining 
the common mode signal with the output of multiplier 26, 
i.e.: 

Bout = II. Li + Rio) + (Li - Ri)1 - ( ) + ( Li - Rin 

To understand the Significance of coefficient A, it is helpful 
to see how it behaves for certain assumed conditions of the 
left and right input signals. For example, it should be readily 
apparent that A=0 for all situations in which there is no 
phase difference between the left and right channel audio 
Signals L., and R. Such a condition exists when there is no 
Surround Sound content in the encoded signals. Under those 
conditions, the total bass signal is fully represented by the 
common mode Signal and none of the difference mode Signal 
contains any different bass information. 

In the case, however, when the encoded left and right 
channel input signals have Surround Sound content, the 
difference Signal will have an imaginary or complex com 
ponent relative to the common mode signal. The A coeffi 
cient is a measure of the imaginary component of the 
difference mode Signal and it determines what proportion of 
the difference mode Signal must be added to the common 
mode Signal to get a more accurate representation of the total 
bass Signal. The coefficient A approaches one as the amount 
of out-of-phase components in the left and right channel 
input Signals, Li, and R, increases, and is at a maximum 
when the Signals present at the left and right channel inputs 
are in phase opposition and of equal magnitude. A is also 
equal to one when L=R=0, that is, when the original left and 
right channel Signals that are combined with the center and 
Surround channel Signals to produce L, and R are Zero. 

Also note that when there is either no left channel Signal 
or no right channel signal in the encoded signal (i.e., when 
Li, or R, equals Zero), then A also equals Zero. Under those 
circumstances B=L+R, which will be non-Zero 
assuming, of course, that the other channel does contain a 
Signal. In other words, by using the decoding technique of 
the invention there will be no cancellation of the remaining 
Signal as there would be by Simply adding the common 
mode and difference mode signals. 

The center channel coefficient A is defined in Such a way 
as to ignore the relative phase information of encoded the 
left and right channel audio signals. That is, the center 
channel coefficient is a function of only the magnitudes of 
the left and right channel input signals. Note that A is a 
maximum when the magnitudes of L, and R are equal and 
it goes to Zero when either the left or right channel input 
Signal goes to Zero. 

The Subwoofer signal is derived from B as shown in 
FIG. 3. B. passes through a low pass filter and frequency 
Shaping circuit 31 which eliminates the high frequency 
Signal content or B and shapes the frequency response for 
the low frequency information. The low-passed signal is 
then amplified by a power amplifier 33 and fed to the 
Subwoofer 35. 
An alternative approach to generating the Subwoofer 

Signal is shown in FIG. 4. In this approach, the filtering is 
performed before combining the Signals to produce the total 
bass signal. In other Words, each of the Signals, L, R, 
C, and S, is filtered by a corresponding high pass filter 
71, 73, 75, and 77 to produce the signals that will drive the 
left, right, center and Surround channel Speakers. Each of the 
high pass filtered Signals is also Subtracted from its corre 
sponding unfiltered Signal to produce an associated bass 
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6 
component. The four bass components are then combined in 
a combiner circuit 79 to produce the total bass signal which 
is used to drive the Subwoofer. Under this approach, different 
filtering characteristics can be applied to each of the decoded 
Signals before they are combined to produce the total bass 
Signal. It should be apparent that if the characteristics of 
filters 71, 73, 75, and 77 are identical, then the result will be 
the same as if a single filter was applied to B of FIG. 2. 
A more detailed circuit diagram of a slightly modified 

version of the above-described system is presented in FIGS. 
5 and 6. The left and right audio input Signals, L and R, are 
line-level, differential input Signals. Each of the input Signal 
is buffered by a corresponding balanced differential ampli 
fier 50 and 52 to produce a left buffered signal, L-BUFF, and 
a right buffered signal, R-BUFF. L-BUFF and R-BUFF 
correspond to the Signals which were previously identified 
as L., and R, respectively. 
As shown in FIG. 6, the summing circuits 14 and 16 (see 

FIG. 2) are implemented by two differential amplifiers 90 
and 92. L., is applied to the non-inverting inputs of ampli 
fiers 90 and 92 through resistors 94 and 96, respectively. R, 
is applied to the non-inverting input of amplifier 90 through 
resistor 98 and to the inverting input of amplifier 92 through 
resistor 100. Both amplifiers are configured as unity gain 
amplifiers. Thus, the output voltage of amplifier 90 is equal 
to L+R, and the output voltage of amplifier 92 is equal to 
Li-Ro. 
The Li+R, Signal at the output of amplifier 90 is applied 

to the center channel current controlled gain cell 102 which 
is made up of a variable transconductance amplifier 104 and 
differential amplifier 106. The output signal of amplifier 104 
is determined by the ratio of two currents I and I that are 
applied at terminals 108 and 110, respectively. The transfer 
function of amplifier 104 is 

where R is the parallel combination of output resistors 112 
and 114 and R is the Series combination of input resistors 
116 and 118. In this instance, R and R are 20.1 k ohms and 
40 k ohms, respectively. 

For the condition of I equal to I, the output of transcon 
ductance amplifier 104 is 0.5 times the input signal to the 
current controlled gain cell. This signal is, in turn, amplified 
by a factor of 2 by amplifier 106. The current I is bounded 
by the condition that I is less than or equal to I. 
The output of amplifier 90 is also amplified by amplifier 

106, which for this input is configured to have a Voltage gain 
of minus 1. Thus, the total output voltage of amplifier 106 
is the difference of its two input signals and can be expressed 
by the following equation: 

The L-R, Signal at the output of amplifier 92 is applied 
to the surround channel current controlled gain cell 120 
which is made up of a transconductance amplifier 122 and 
a differential amplifier 124. The operation of this gain cell is 
identical to that of the center channel current controlled gain 
cell except that the current ratios are I divided by I and the 
current I is bounded by the condition that I is less than or 
equal to I. In this case, the total output voltage from 
amplifier 124 is expressed by the following equation: 
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-S = -(L-R, 1 – A. 

The currents I, I and I which control the operation of 
transconductance amplifiers 104 and 122 are generated 
elsewhere in the System from L, and R. Referring again to 
FIG. 5, the left buffered signal, L, is applied through a 
capacitor 130 to the input of a unity gain amplifier 132 and 
to the input of an inverter 134. Similarly, the right buffered 
Signal, R, is applied through a capacitor 136 to the input of 2 

a unity gain amplifier 138 and to the input of an inverter 140. 
The output signals of amplifier 132 and inverter 140 are 
Summed at the non-inverting input of a comparator 142 and 
the output signals of amplifier 138 and inverter 134 are 
Summed at the non-inverting input of a Second comparator 
144. The output of comparator 142 is equal to 0.5 (L-R) 
and the output of comparator 144 is equal to 0.5 (R-L). 

Comparators 142 and 144 are open-collector Voltage 
comparators. Their outputs are wire-ored with negative 
feedback applied around the comparators. Since the com 
parator can only Sink current with respect to ground, each 
comparator is responsive only to the negative polarity (with 
respect to ground) of the input signal at each non-inverting 
input and thus essentially half-wave rectifies its input Signal. 
The outputs of comparators 142 and 144 are summed at a 
capacitor 146 and averaged by the parallel combination of 
capacitor 146 with resistor 148. Thus, the voltage across 
capacitor 142 constitutes the negative absolute value of L, 
minus R averaged over time (i.e., Lin-R). 

Similarly constructed full-wave rectifying circuits 150 
and 152 individually process the L, and R. Signals to 
produce time-averaged Signals. In other Words, the Output 
voltage of circuit 150 across capacitor 154 is the negative 
absolute value of L, averaged over time, and the output 
voltage of circuit is the negative absolute value of R, 
averaged over time. Resistors 160 plus 162 in parallel with 
capacitor 154 constitute the averaging circuit for L, and 
resistors 164 plus 166 in parallel with capacitor 156 consti 
tute the averaging circuit for R. In the described 
embodiment, the values are chosen to produce a relatively 
fast time constant for each circuit, e.g. approximately 30 
milli-Seconds. 

The Signal at the output of the first-mentioned rectifying 
circuit (i.e. comparators 142 and 144) is further time aver 
aged by an RC circuit made up of the Series combination of 
resistor 170 and capacitor 172 which are selected to have a 
time constant of about 330 milli-seconds. Similarly, a sec 
ond RC circuit that is connected to the output of rectifying 
circuit 150 (i.e., resistor 174 and capacitor 176) and a third 
RC circuit that is connected to the output of rectifying circuit 
152 (i.e., resistor 178 and capacitor 180) provide averaging 
time constants for L, and R, respectively. In the described 
embodiment, these time constants are also Selected to be 
about 330 milli-seconds. 
The Voltage acroSS capacitor 172 at the output of the 

first-mentioned rectifying circuit is converted to a current by 
the combination of a differential amplifier 182 and a tran 
sistor 184. The output of amplifier 182 drives the base of 
transistor 184 and the signal at the emitter of transistor 184 
is fed back to the amplifiers inverting input, which is 
connected to ground through a resistor 186. The Voltage 
acroSS capacitor 172 drives the non-inverting input of ampli 
fier 182. Thus, the magnitude of the current produced at the 
collector of transistor 184 is determined by the voltage at the 
non-inverting input of amplifier 182 divided by the resis 
tance of resistor 186. This current is I and is equal to 
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L - R. 
R186 

Similarly, the voltages across capacitors 176 and 180 are 
converted to currents using the above-described configura 
tion as current Sources. In particular, the Voltage acroSS 
capacitor 176 drives the non-inverting input of an amplifier 
190 which controls the operation of transistor 194 and the 
Voltage acroSS capacitor 180 drives the non-inverting input 
of an amplifier 192 which controls the operation transistor 
196. The inverting inputs of amplifiers 190 and 192 are 
connected together through resistors 198 and 200. The 
collectors of transistors 194 and 196 are connected together 
to Sum the collector currents and thereby generate I, which 
is equal to 

L-R 
Rio 

where Rio is the total series resistance of resistors 198 and 
200. 
To generate I, another current Source including differen 

tial amplifier 201 and transistor 203 is used. The voltage at 
the connection between resistors 198 and 200 drives the 
non-inverting input of amplifier 203. The collector current of 
transistor 203 is I, which equals 

L+R. 
R1 

where R equals the value of a resistor 205 connected 
between the inverting input and ground. 
One half of I is applied transconductance amplifier 104 

and one half of I is applied to the other transconductance 
amplifier 122. Note that the value of resistor 186 is chosen 
to be twice that of the series resistance of resistors 198 and 
200. Since the current I is divided in half for the transcon 
ductance amplifiers, the relationship between currents I and 
I are identical for an L, or R, only input signal condition. 
The currents I and I may be conveniently expressed as a 
function of L, and R, and the equation for S can then be 
rewritten as follows: 

didi 

Sout = (Lin - R. -(e) Li - Ril 

Similarly, the current I can also be conveniently expressed 
as a function of L, and R, and the equation for C can 
then be rewritten as follows: 

C IL-R = (Li + Ri)1 - H. 

Note that there is a transistor 220 connected between 
capacitors 154 and 170 which serves to produce an adaptive 
time constant for rectifying circuit 150. Similarly, a transis 
tor 224 connected between capacitors 150 and 180 serves to 
produce an adaptive time constant for rectifying circuit 152. 
Under transient signal conditions, the transistors turn on to 
decrease the time constant and thereby increase the response 
Speed of the circuit. These Speed-up circuits operate as 
follows. 
The inverting input of a comparator 226 which drives the 

base of transistor 220 looks at the time averaged value of L, 
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acroSS capacitor 154. The non-inverting input of comparator 
226 looks at one half the time averaged value of R, i.e., the 
Voltage produced by a Voltage divider made up of resistors 
164 and 166. The inverting input of another comparator 228 
which drives the base of transistor 224 looks at the value of 
R. that appears across capacitor 156. The non-inverting 
input of comparator 228 looks at one half the value of L. 

Transistors 220 and 224 behave as Saturated Switches 
(large Signal) when their base-emitter junctions are forward 
biased. For the condition L equal to R, the voltages at the 
inverting inputs of comparators 226 and 228 are equal. The 
output terminal of each comparator is open. Thus, the base 
of transistor 220 is referenced to ground through resistor 230 
in series with resistor 232; and the base of transistor 224 is 
referenced to ground through resistor 234 in Series with 
resistor 236. In the Steady State case, the Voltages at capaci 
tors 176 and 180 are equal, and reflect the negative absolute 
mean values of L, and R, respectively. 
AS this value approaches the base to emitter Voltage of 

transistors 220 and 224, transistors 220 and 224 are 
conducting, (collector to emitter) and the time constant is 
adaptively faster for large Signal conditions, and slower for 
Small Signal conditions. Note that in the large Signal case 
(i.e., transistorS 220 and 224 conducting), if L, and R, have 
equal magnitudes the circuits have approximately equal time 
constants. However, if the value of L, becomes slightly 
more than twice that of R, the time constant of the L, Side 
of the circuit becomes faster than that of R side of the 
circuit Since the output of comparator 228 is active low (-12 
volts) and the base to emitter junction of transistor 224 is 
turned off. The behavior of the circuit is symmetrical with 
respect to R, being slightly more than twice the value of L. 

Returning to FIG. 6, the output signals of amplifiers 106 
and 124 are applied to a digitally-controlled, two channel, 
volume control 250 with independent control of each sec 
tion. This volume control produces the adjustable coeffi 
cients by which the derived center channel and Surround 
channel Signals are multiplied, namely, K and K. 

Each output signal 252 and 254 of the digital volume 
control 250 is amplified by a corresponding one of ampli 
fiers 256 and 258. Both amplifiers 256 and 258 are config 
ured to provide a Voltage gain of -1 with Some frequency 
Shaping of each Signal. The Specific frequency shaping is not 
restricted to that shown in FIG. 6 and can be adapted to be 
any derived function. The output of amplifier 256 corre 
sponds to C=KC and the output of amplifier 258 ott 

corresponds to S=K2S, where K, and K2, correspond didi t 

to the Volume control gain times the frequency shaping 
function implemented by the amplifier. To the first order 
(without frequency shaping and with K and K- equal to 1), 
the output signals of amplifiers 256 and 258 constitute the 
complete center and Surround Signals. 

The bass channel Signal is defined by the Sum of L, and 
R (i.e., the output signal of amplifier 90) plus the derived 
Surround Signal (i.e. the output signal of amplifier 124). A 
bass Summing amplifier 260 combines the outputs of ampli 
fiers 90 and 124 to produce the bass channel signal. The 
output of amplifier 90 (i.e., L+R.) drives the non-inverting 
input of amplifier 260 and the output of amplifier 124 (i.e., 
-S) drives the inverting input. Thus, the output of ampli 
fier 260 is: 

L+R-(-S) 
or Simply, 

L+R,+S, 

The remaining circuitry following amplifier 260 repre 
Sents a bass channel active equalization circuit which in the 
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10 
illustrated embodiment is a bandpass filter having a band 
width of approximately 45 ha, to 200 ha. Of course, the 
Specific details of the active equalization is a matter of 
design choice. 
The Summing circuits 20 and 22 of FIG. 2 are imple 

mented by amplifiers 260 and 262 in FIG. 6. The output of 
amplifier 260 is: 

L=0.5 (L+R.)+(L-R)-K.C.- pint). 

and the output of amplifier 262 is: 
R=0.5 (L+R)-(L-R)-KC+K2S, 

The coefficients K, and K- are the values of the Volume 
control Settings as well as the frequency Shaping which is 
determined by the component values around the feedback 
loop of amplifiers 256 and 258. In this instance, the center 
channel Signal is a combination high-pass and band reject 
filter, having a -3.0 dB cutoff of 20 hZ and a -2.0 dB dip at 
2 kHz. The Surround channel Signal is a simple band-pass 
signal with a -3.0 dB cutoff of 20 Hz and 7 kHz. Since the 
left and right channel Signals are a function of C and S, 
the entire matrix is constant power. 
The derived left, right, center, and Surround signals (i.e., 

L, R, C, and S) are applied to their corresponding 
equalizer circuits which are essentially bandpass circuits 
having a bandwidth from 200 Hz to 20 kHz. The specific 
design of these equalizer circuits is, of course, a matter of 
design choice. 

Note that alternatively the bass signal could be derived by 
Summing the Signals appearing at the outputs of amplifiers 
256, 258, 260, and 262. In that case, different bass equal 
ization circuits can be used for each component of the bass 
Signal, as previously described. 

Also note that the coefficients K, and K provide certain 
advantages, namely, by adjusting either one, the user can 
control the plane of the acoustic image. For instance with 
K, which is the center channel coefficient that is a function 
of frequency, the user can by adjusting it send Some of the 
center channel Signal to the left and right Speakers. This has 
the psychoacoustical effect of altering the plane of the center 
channel acoustical image. By adjusting K, the user can 
raise or lower the location of the acoustical image. This is 
particualarly advantageous in home theater Systems in which 
it is typically not possible to place the center channel Speaker 
behind the screen where it righfully should be. Instead, the 
Speaker is usually placed below the Screen. By adjusting K, 
and thereby Sending Some of the center channel Signal to the 
left and right Speakers on either Side of the Screen, the 
location of the center channel acoustical image can be 
moved up to the center of the Screen. 

Other embodiments are within the following claims. For 
example, though it was assumed for the above embodiment 
that the left and right channel Signals were Dolby encoded 
Signals, they could be any two Signals whether encoded or 
not and if they are encoded, it could be by any encoding 
Scheme, not limited to Dolby encoding. In other words, the 
invention works to effectively extract a Single bass signal 
from any two or more encoded or non-encoded signals. If 
more than two Signals are being processed, they can be 
processed in pairwise combinations using the above Scheme 
to pull out the common bass from all of the Signals. 
What is claimed is: 
1. A System for extracting a bass signal from left and right 

audio input Signals of a Stereo signal, Said System compris 
Ing: 

a differencing circuit generating a difference mode Signal 
from the left and right audio input signals, 
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a detector circuit generating a first coefficient of propor 
tionality that is a function of the relative phase of the 
left and right input signals, and 

a first multiplier circuit multiplying the first coefficient of 
proportionality times the difference mode Signal to 
produce a modified difference mode signal, wherein the 
modified difference mode Signal is used to generate the 
bass signal. 

2. The system of claim 1 wherein the first coefficient of 
proportionality has the property that its value approaches 
one when time average values of the absolute magnitude of 
the left and right audio input Signals approach each other and 
they are out of phase. 

3. The system of claim 2 wherein the first coefficient of 
proportionality has the property that its value equals one 
when only one of the left and right audio input signals is 
present. 

4. The system of claim 1 wherein the first coefficient of 
proportionality has the property that its value equals Zero 
when the left and right audio input signals are in phase and 
its value is non-Zero when the left and right audio input 
Signals are out of phase. 

5. The system of claim 4 wherein the first coefficient of 
proportionality is a function of the absolute value of a time 
average of the left audio input signal minus the right audio 
input Signal. 

6. The system of claim 5 wherein the first coefficient of 
proportionality is equal to 

L.-R. K1 - Li-Ri. 
Li - Rin 

where L equals the left audio input signal, R, equals the 
right audio input signal, and K is a Scaling factor. 

7. The system of claim 6 wherein K is a function of 
frequency. 

8. The system of claim 1 further comprising: 
a first combiner circuit generating a common mode Signal 
from the left and right audio input signals, and 

a Second combiner circuit adding the modified difference 
mode signal and the common mode Signal to produce 
an output signal, wherein the bass Signal is derived 
from the output Signal. 

9. The system of claim 1 wherein the detector circuit 
generates a Second coefficient of proportionality that is 
independent of the relative phase of the left and right audio 
input Signals. 

10. The system of claim 9 wherein the second coefficient 
of proportionality is a function of the magnitude of the left 
input Signal and the magnitude of the right audio input 
Signal. 

11. The system of claim 9 wherein the second coefficient 
of proportionality is equal to 

IL-R 
K1 - - , 

Li+Rio 

where L equals the left audio input signal, R, equals the 
right audio input signal, and K is a Scaling factor. 

12. The system of claim 10 further comprising a second 
multiplier circuit multiplying the Second coefficient of pro 
portionality times the common mode Signal to produce a 
modified common mode Signal that is a center channel 
Signal. 

13. The system of claim 1 further comprising a first 
Volume control circuit processing the modified difference 
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12 
mode Signal to produce a Surround channel Signal with a 
user-adjustable gain. 

14. The system of claim 13 further comprising a second 
Volume control circuit processing the modified common 
mode Signal to produce a center channel Signal with a 
user-adjustable gain. 

15. The system of claim 8 further comprising: 
a first low pass filter processing the output Signal to 

produce a filtered signal; and 
a power amplifier amplifying the filtered Signal, wherein 

the amplified Signal is provided to drive a Subwoofer. 
16. The system of claim 8 further comprising: 
a Subwoofer, 
a first low pass filter processing the output Signal to 

produce a filtered signal; 
a power amplifier amplifying the filtered Signal and 

driving the Subwoofer with the amplified filtered signal. 
17. The system of claim 4 wherein the detector circuit 

generates a Second coefficient of proportionality that is 
independent of the relative phase of the left and right audio 
input Signals and that is a function of the magnitude of the 
left input signal and the magnitude of the right audio input 
Signal, Said System further comprising: 

a first combiner circuit generating a common mode Signal 
from the left and right audio input signals, and 

a Second multiplier circuit multiplying the Second coef 
ficient of proportionality times the common mode 
Signal to produce a modified common mode Signal, 
wherein a center channel Signal is derived from the 
modified common mode Signal. 

18. The system of claim 17 further comprising a first 
Volume control circuit processing the modified difference 
mode Signal to produce a Surround channel output Signal 
with a user-adjustable gain. 

19. The system of claim 18 further comprising a second 
Volume control circuit processing the modified common 
mode signal to produce a center channel output signal with 
a user-adjustable gain. 

20. The system of claim 19 further comprising: 
a Second combiner circuit combining the left audio input 

Signal, the center channel Signal and the Surround 
channel Signal to produce a left channel output Signal; 

a third combiner circuit combining the right audio input 
Signal, the center channel Signal and the Surround 
channel Signal to produce a right channel output Signal; 
and 

a fourth combiner circuit for combining the left channel 
output Signal, the right channel output Signal, the 
Surround channel output Signal and the center channel 
output Signal to produce a composite signal from which 
the bass signal is derived. 

21. A System for extracting bass signal from first and 
Second audio input signals of an multichannel audio signal, 
Said System comprising: 

a differencing circuit generating a difference mode Signal 
from the first and Second audio input Signals, 

a detector circuit generating an output signal that is a 
function of the relative phase information contained in 
the first and Second input Signals, and 

a multiplier circuit multiplying the output signal of the 
detector circuit times the difference mode signal to 
produce a modified difference mode signal, wherein the 
modified difference mode Signal is used to generate the 
bass signal. 
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22. The system of claim 21 further comprising: 
a first combiner circuit generating a common mode Signal 
from the left and right input signals, and 

a Second combiner circuit adding the modified difference 
mode signal and the common mode Signal to produce 
an output signal, wherein the bass Signal is derived 
from the output Signal. 

23. The system of claim 22 wherein the first coefficient of 
proportionality has the property that its value equals Zero 
when there is the left and right audio input Signals are in 
phase and its value is non-Zero when the left and right 
audion input signals are out of phase. 

24. The system of claim 23 wherein the first coefficient of 
proportionality has the property that its value equals one 
when only one of the left and right audio input signals is 
present. 

25. The system of claim 22 wherein the first coefficient of 
proportionality is equal to 

L-R ki- Li-Ri. 
Li - Rin 

where L equals the left audio signal, R, equals the right 
audio signal, and K is a Scaling factor. 

26. The system of claim 25 wherein K is a function of 
frequency. 

27. The system of claim 22 further comprising: 
a first low pass filter processing the output Signal to 

produce a filtered signal; and 
a power amplifier amplifying the filtered Signal, wherein 

the amplified Signal is provided to drive a Subwoofer. 
28. The system of claim 12 and further comprising at least 

left and right Summing circuits providing left and right 
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25 

14 
output signals L., and R, respectively characterized by 
the following equations: 

didi 

wherein L, and R are left and right components respec 
tively of an input Stereo signal, K, and K- are coef 
ficients representative of Volume control gain and fre 
quency Shaping function associate with a respective 
center channel and Surround amplifier respectively and 
C, and S are input signals to Said center and int 

Surround amplifiers respectively, 
and a usable adjuster control for controlling the center 

channel coefficient K, to allow altering the plane of the 
center channel acoustical image So that the user can 
raise or lower the location of the acoustical image. 

29. The system of claim 28 and further comprising, 
an image display Screen, 
left and right Speakers to the left and right of Said image 

display Screen respectively coupled to Said left and 
right Summing circuits respectively constructed and 
arranged to electroacoustically transduce Said left and 
right output signals respectively, 

and a center channel Speaker above or below Said display 
Screen So that user adjustment of Said coefficient K, 
allows the location of the center channel acoustical 
image to move to the center of the Screen. 
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